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Abstract
A capacitive displacement sensor matching the physiological characteristic of the human middle ear is presented. The transducer
measures tiny deﬂections of the umbo, a part of the middle ear bone chain, to evaluate sound events stimulating the eardrum.
Compared to other approaches, our sensor delivers a lower susceptibility to gravity due to a higher resonant frequency. Furthermore,
measurement results in the lower frequency range are competitive to other research groups. Within the frequency range of 200Hz
to 10 kHz, a resolution of 4 pm is achieved using a signal processing bandwidth of 100Hz. This resolution is equivalent to the
lower threshold of speech or to a loudness level of 40 phon.
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1. Introduction
People with mild, moderate and severe hearing loss can use external hearing-aids which are worn behind the ear,
in the pinna or in the ear channel. However, neither of the on-market devices can restore the hearing in a quality
comparable to natural hearing. The most crucial disadvantages of state-of-the-art devices are acoustic feedback,
reduced direction recognition and insuﬃcient suppression of background noise [1].
In this paper, we present a new concept that intends to meet both the demand for direction recognition and back-
ground noise ﬁltering. The solution is a microphone placed directly on one of the ossicles. From the physiological
point of view, it retains the ﬁltering and directional characteristics of the natural pinna and the ear canal as well as
the function of natural reﬂexes, e.g., the stapedius reﬂex [2]. The new microphone shall be applied primarily to pa-
tients with cochlear implants (CIs) because current devices rely on external microphones and therefore suﬀer from the
same disadvantages as external hearing-aids. Furthermore, the presented microphone can be placed in the middle ear
without an additional strain except of an inevitable cochlear stimulator implantation.
2. Design Constraints
2.1. Physical Constraints
When measuring the vibration of the ossicle chain and deducing the sound events deforming the eardrum, the bone
deﬂection as function of frequency and sound pressure need to be considered. The middle ear bone chain consists of
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Fig. 1: (a) Umbo deﬂection in case of an ear drum stimulation with 30 dB sound pressure level (SPL) and 30 phon. The latter is
representing the frequency depending hearing of the human ear; (b) Hearing range of the human ear. Current cochlea implants (CI)
cover the most important part of the hearing range.
three bones: malleus, incus and stapes. Its main task is the impedance conversion between the air and the aqueous
ﬂuid in the cochlea. Impedance conversion is a consequence of the lever ratio of the ossicle chain and the size of
the eardrum compared to the size of the oval window [3]. Due to this impedance conversion, the umbo (connection
point between eardrum and malleus) deﬂection is largest and therefore the umbo is the best place for a middle ear
microphone.
Fig. 1(a) depicts the average umbo deﬂection as a function of frequency when the ear drum is stimulated with
constant sound pressure level (SPL) of 30 dB [4, 5, 6, 7]. To represent the frequency-depending hearing of the
human ear, the measurement data presented in Fig. 1(a) have to be weighted with the ISO226:2003. When using
the ISO226:2003 weight, the minimum deﬂection for the umbo is 4 pm compared to 0.7 pm of the unweighted one.
The operation range and the dynamic range of the middle ear microphone have to be similar to the working range of
state-of-the-art CIs. Current prostheses do not cover the complete auditory range of the natural human ear. However,
the important speech range and a large fraction of the music range are within the operation range. Thus, the middle
ear microphone has to have an operation range of 0.1 – 10 kHz and 30 – 100 phon to be an equivalent substitute.
2.2. Technical Constraints
We consider capacitive sensors best suited for implantable middle ear microphones as high sensitive low-power
readout circuit for this kind of transducer exist [8, 9]. Additionally, the possibility of a self-test is an advantage
because it allows the surgeon team to test the device directly after ﬁxation but before ﬁnishing the surgery.
When designing a capacitive transducer for the measurement of the umbo deﬂection, quasi-static deﬂections of
the microelectromechanical system in consequence of gravity have to be taken into account. This deﬂection causes
a detuning of the capacitive transducer bridge. As a result, the measurement signal of the ossicular chain deﬂection
can be obscured as it is several magnitudes smaller. To mitigate this eﬀect, we designed a sensor with a resonant
frequency within the auditory measurement range based on the physiology of the ear.
As the capacitive transducer is seismic excited, all amplitudes of the relative movement below the ﬁrst natural
frequency are suppressed with 40 dB/decade starting at the natural frequency. Above the natural frequency, all ampli-
tudes of the relative movement are nearly the same as the input amplitude. This transfer behavior in combination with
the umbo deﬂection allows the creation of a spectrally ﬂat output signal with respect to the loudness level of 30 phon.
A transducer with a natural frequency of 1.7 kHz can provide this, featuring the same relative movement in the lower,
as in the higher frequency range. Most important, static deﬂection introduced by, e.g., head rotation, is reduced to
±86 nm. If the transducer is tuned to a lower natural frequency, static deﬂection is increased as it is linked inversely
proportional to the squared circular natural frequency. In contrast to this, a system with a natural frequency larger than
1.7 kHz would have a decreased static deﬂection but the amplitude of the relative movement is decreased too much
in the lower frequency range. Table 1 compares four systems regarding natural frequency, static deﬂection and the
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Fig. 2: (a) Scanning electron microscope (SEM) micrograph of the prototype; (b) Measurement results of the prototype when stim-
ulated with the umbo deﬂection at 30 dB SPL. The measurement bandwidth is 1Hz. Also shown is the noise of the measurement
system for a bandwidth of 100Hz.
minimal relative deﬂection that has to be measured when stimulating the transducer with umbo deﬂections according
to 30 phon.
Table 1: Comparison of MEMS with diﬀerent natural frequencies. A system with the ﬁrst natural frequency at approximately
1700Hz is best suited for middle ear microphones because it has the smallest dynamic range for constant loudness, a reasonable
static deﬂection and a suﬃcient sensitivity for the smallest umbo deﬂection.
natural dynamic static minimal
frequency range deﬂection xrel
Hz dB μm pm
100 118 25 4
500 94 1 4
1700 86 0.086 4
4000 94 0.016 0.5
The dynamic range is a very important ﬁgure of merit for the implantable middle ear microphone. Because the
input umbo deﬂection for a loudness level has a dynamic of 48 dB (i.e. 4 – 950 pm for 30 phon) and the loudness range
of the device has to be 70 dB, the overall input dynamic range is 118 dB. Thus, a 20 bit interface is required for the
processing of the measurement data. When using a transducer with a natural frequency of 1.7 kHz, signal dynamics
is reduced to 86 dB. Hence, the necessary transducer interface needs a length of only 15 bit which also results in a
reduced power consumption compared to a 20 bit interface.
3. Test samples and results
To test our hypothesis, we build a measurement setup comprising a microsystem analyzer (MSA), a custom made
piezoelectric excitation unit, a carrier frequency read-out circuit and a lock-in-ampliﬁer. The test sample was pro-
duced in silicon-on-insulator technology (see Fig. 2(a)). Initially, the excitation unit was calibrated with the in-plane
video mode of the MSA to enable a ﬂat excitation input. Then, the noise level was measured with the same arrange-
ment without excitation. The measured noise level of 0.2mV/
√
Hz is equivalent to a displacement noise level of
0.4 pm/
√
Hz.
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Fig. 3: (a) Measurement results of the test sample in comparison with the loudness level of 30 phon and 40 phon; (b) Comparison
of the presented prototype with the work of other research groups.
In the following measurement run, the vibration input corresponding to the characteristic of the umbo deﬂection at
30 dB sound pressure level was applied (Fig. 2(b)). The noise level was compared with the umbo deﬂection leading
to a minimal detectable sound pressure level - frequency curve (Fig. 3(a)).
With a signal processing bandwidth of 100Hz, a detection of the nearly complete loudness level of 40 phon is
possible. This corresponds to the lower threshold of speech perception. Compared to the literature, our sensor oﬀers
superior performance in the range of 0.3 to 4 kHz whereas in the lower frequency range the sensitivity is nearly
comparable with data found in [10] and [11]. Furthermore, our transducer oﬀers a much higher suppression of low
frequency gravitational forces due to a higher resonant frequency.
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